Although stimulus frequency otoacoustic emissions (SFOAEs) have been used as a non-invasive measure of cochlear mechanics, clinical and experimental application of SFOAEs has been limited by difficulties in accurately deriving quantitative information from sound pressure measured in the ear canal. In this study, a novel signal processing method for multicomponent analysis (MCA) was used to measure the amplitude and delay of the SFOAE. This report shows the delay-frequency distribution of the SFOAE measured from the human ear. A low level acoustical suppressor near the probe tone significantly suppressed the SFOAE, strongly indicating that the SFOAE was generated at characteristic frequency locations. Information derived from this method may reveal more details of cochlear mechanics in the human ear.
The stimulus frequency otoacoustic emission (SFOAE) is a continuous emission of a low level sound from the cochlea at the frequency of a continuous pure tone stimulus [1] . To study the SFOAE, the emission has to be separated from the stimulating tone through special methods. Although the SFOAE has been used as a noninvasive measures of cochlear mechanics, its application has been limited by difficulties in accurately deriving the quantitative information from sound pressure measured in the external ear canal.
The SFOAE is typically revealed by slowly sweeping the frequency of a continuous low-level tone. The phase lag of the emission relative to the stimulus increases with frequency, resulting in a physical interference of the stimulus and the emission in the ear canal. This process produces ripples in the otherwise smooth frequency response of the ear canal sound pressure as the stimulus and the SFOAE move alternately into and out of phase [2] . Because the stimulus intensity is much higher than the emission and is simultaneously presented at the same frequency in the ear canal, it is difficult to accurately separate SFOAE from the stimulus. The most commonly used method for measuring the SFOAE was first developed by Kemp [3] , fully described by Kemp and Chum [4] , and modified by Zwicker and Schloth [5] and Guinan [6] . The principle of the above method is based on the hypothetical nonlinear compression in the SFOAE amplitude growth function. Measurements are made of the complex amplitude of the acoustic signal in the ear canal evoked by a pure-tone acoustic stimulus. Two such measurements are taken: at an 80 dB SPL reference level and at a lower (20-60 dB SPL) stimulus test level. By scaling the complex amplitudes and vector subtraction, a small nonlinear component remains. It is generally accepted that this component is approximately equal to the SFOAE in response to the test stimulus.
Kemp and Souter [7] used self-canceling stimulus and probe tones to reveal the presence of the SFOAE in a time domain. This method detects nonlinear interactions between the stimulus and probe tones. Stimuli, consisting of a constant (or stimulus) tone and an intermittent (or probe) tone, were presented to the ear. The probe and stimulus tone frequencies were the same. The resulting sound field was measured using a microphone. These measurements were summed in such a way that the stimuli are canceled, leaving a residual. This residual repre-sents the nonlinear response of the ear to the stimuli.
Guinan [8] and Siegel et al. [9] derived SFOAE by vector subtraction of the suppressed vector from the control vector. The control vector is the sound pressure and phase when the probe tone is presented alone. The suppressed vector is the response to the probe tone in the presence of a suppressor tone. The SFOAE is revealed by the difference between the control and suppressed vectors.
Shera and Zweig [10] described a unique method to separate the two components of the stimulus frequency otoacoustic emission (the smooth background component and the oscillating component) through filtering. An estimate of the oscillating component was obtained by fitting a sinusoid to the filtered data.
These reported methods derive the SFOAE from the sound pressure in the ear canal, based on the hypothetical nonlinear compression in the amplitude growth function of the SFOAEs [11, 12] , the suppression of the SFOAE by an acoustical suppressor [8, 9] , or a smoothing function [10] . However, each of these approaches has limitations. Nonlinear compression of the SFOAE has not been experimentally confirmed due to lack of accurate measurement of the SFOAE itself. A second acoustical stimulus, such as a suppressing tone or canceling tone, may alter cochlear responsiveness because of the highly nonlinear features of the cochlear mechanics. As described, the method proposed by Shera and Zweig [10] is limited to two components with constant delays but it could be extended for multiple component measurement through the use of a priori chosen multiple band-pass filters. To avoid these limitations and uncertainties, a unique signal processing method for multiple component analysis [13] was employed in this study to accurately measure the amplitude and phase of the SFOAE.
Three human volunteers, 30 to 45 years old, with normal hearing were tested in this study. With the subject seated inside a double-walled sound-proof booth, low level tone bursts at 10 to 60 dB SPL were produced by an ER-2 earphone (Etymotic Research, Elk Grove Village, IL) and coupled into the ear canal. Tone burst duration was 100 ms with 1 ms rise/fall time, and the frequency was changed in 10 Hz steps. The electrical signal driving the speaker was generated by a D/A converter and custom-writen software. A sensitive microphone (10C, Etymotic Research, Elk Grove Village, IL) was used to measure sound pressure in the ear canal. The output of the microphone preamplifier was filtered with a digital high pass filter with corner frequency of 400 Hz. The filtered signal was digitized at 100,000 points per second and averaged 20 times. A discrete Fourier transform of the averaged signal was carried out, and the amplitude and phase of the sound pressure at the frequency of the stimulus were documented.
The MCA method developed by Ren and Nuttall, 2000 was used to quantitatively measure SFOAE amplitude and phase. The principle of the method is briefly described below. As shown in Figure 1 , the acoustical system used for the SFOAE measurement consists of a speaker, a microphone, the generators of the SFOAE (hypothetical reflection sites on the basilar membrane), and the medium, which includes air in the ear canal, the middle ear ossicular chain, and the cochlear fluids. The acoustical stimulus is generated by the speaker and propagates directly to the microphone. Because of the short propagation delay, the sound from the speaker to the microphone is termed the short delay component (SDC). The sound also propagates through the middle ear to its characteristic frequency location on the basilar membrane and evokes the SFOAE. The SFOAE is emitted from the cochlea through the middle ear and is detected by the microphone. The sound from the cochlea is defined as the long delay component (LDC). The sound pressure of the SDC A1 at the microphone can be written as A1=A1 sin (1) 1 where A1 is the peak amplitude, is 2 times the frequency, and 1 is the propagation delay from the speaker to the microphone. The microphone signal in response to the SFOAE or the LDC A2 can be written as 2 where A2 is the peak amplitude, is 2 times the frequency, 2 is the round trip propagation delay from the speaker to the cochlea.
Since the stimulus and SFOAE at the microphone in the ear canal can be characterized by linear homogeneous differential equations, the amplitude of the resultant wave at the microphone is the linear superposition of the SDC and the LDC. By interference, the two waves are superimposed, and the resulting wave can be written as A1+ A2= A1 sin (1)+A2 sin (2) 3 This equation shows that, given the peak amplitudes A1 and A2, the sound pressure detected by the microphone is a sum of two sine functions with the angular frequency and delay 1 and 2. When the frequency is linearly swept over a range from 0 to n, a spectrum will be obtained.
The real part of the measured spectrum,
where U Ȧ is the unit step function. It can be seen that this is simply the sum of two cosine functions with the independent variable and whose rates of oscillation are determined by 1 and 2. The delays can hence be detected using a Fourier transform,F Ĳ,Ȧ , of R Ȧ to the delay domain, r(Ĳ)=F[R Ȧ ] ( 5 ) The signal , hence, contains the delay information and the power associated with the delays. For convenience, r A2=A2 sin (2) Ĳ is referred to as the delay spectrum.
Taking a Fourier transform of the frequency data has traditionally been unacceptable. However, in the present method, because the sweep frequency changes linearly with time, there is complete symmetry between frequency and time t; hence, the SFOAE presented as a function of the frequency (the spectrum) can also be thought of as a function of the time (time signal) and, for a time signal, it is valid to use Fourier transform to transform the data arrays.
Application of the TDS has been limited to a linear system because its excitation signal is a chirp, which may result in distortions in a nonlinear system. To measure the multiple delays from a highly nonlinear system, such as the cochlea, the frequency of the input signal for the MCA in this study was varied at a rate more than 100 times slower than the chirp used in the TDS technique.
Our sequence of procedures for data collection and processing is outlined here. 
where is time delay, f is the frequency of the spectrogram in Hertz, the Hz/degree conversion factor is 360, and fsweep is the speed of the frequency sweep. The amplitude of the spectrogram was normalized to the amplitude of the SDC. The power spectrum of the real spectrum also was obtained. The axes of the power spectrum were converted by the same procedure as for the spectrogram. All tested ears (n=4) from three subjects showed detectable SFOAEs using the MCA. Figure 2 presents the amplitude and phase as functions of the frequency at different sound pressure levels. At the highest levels, the sound pressure in the ear canal is approximately constant across frequencies. With stimulus level reduction, however, the amplitude and phase of the sound pressure in the ear canal oscillates with frequency. Although the oscillation patterns of the amplitude and phase are similar across the sound pressure, it is evident that the oscillation amplitudes are negatively correlated to the sound pressure in the ear canal. These features indicate that the ear canal sound pressures may result from the sum of two components: the stimulus directly from the speaker and the SFOAE emitted from the cochlea. Because the stimulus has a shorter propagation path to the microphone than the SFOAE, phases of the stimulus and the SFOAE rotate at different speeds when the frequency is changed. Phase relationship determines the sum results of stimulus and SFOAE, i.e., cancellation or enhancement. The period of the cancellation or enhancement is a function of the propagation delay difference between the two components. The oscillation amplitude is a representation of their amplitude relationship. Fig.1 The acoustical system for the SFOAE measurement consists of a speaker; a microphone; generators of the SFOAE (hypothetical reflection places on the basilar membrane); and the conduction media, including air in the outer ear canal, the ossicle chain in the middle ear, and fluids in the cochlea. The stimulus is generated by the speaker and directly propagates to the microphone (the short delay component, SDC). The sound also propagates to its characteristic frequency (CF) location on the basilar membrane and evokes the SFOAE. The SFOAE is emitted from the cochlear, and is detected by the microphone (the long delay component, LDC).
Delay frequency spectrograms of the real spectra of the ear canal sound at different sound pressure levels are presented in Figure 3 . At 10 dB SPL, the spectrogram shows multicomponents, consisting of a SDC and at least two LDCs (LDC1 and LDC2). With sound pressure increase, the relative energy of the LDC gradually decreases, and at sound pressure levels of 50 and 60 dB SPL, the LDC is visually unnoticeable on this linear scale. Thus, Figure 3 clearly shows that low level sound in the external ear canal consists of multicomponents. Data in Figure 3 are confirmed by power spectra of the real spectra of the ear canal sound pressure (Fig. 4) . The upper panel (Fig. 4) shows that there are two LDCs at approximately 2.7 ms and 3.8 ms at the low sound pressure levels of the stimulus. Normalized power spectra in the lower panel demonstrate that relative amplitudes of the LDCs increase with decrease of the ear canal sound pressure. The quantitative relationship between the sound pressure of the stimulus and the LDCs is presented in Figure 5 . The vertical axis shows the relative amplitude of the long delay components LDC1 and LDC2, and the horizontal axis is the sound pressure level in the ear canal. The amplitude of LDC1 and LDC2 decreases with the stimulus level. The nonlinear LDC1 and LDC2 amplitude decreases with the increase of stimulus level were fitted in a single exponential decay. Although the highest amplitude of LDC1 is about 65 percent at 10 dB SPL stimulus level, it can be extrapolated to be 100 percent at the sound pressure of approximately 6 dB SPL. Considering the power loss (about 30 dB in gerbil) [14] of the round trip propagation of the LDC, the emitted power of the LDC1 from the generation sites of the SFOAE may be greater than the input power, i.e., the SDC at the 10 dB SPL stimulus level. Therefore, the results of Figure 5 indicate that a power gain larger than one may be involved in the generation of the SFOAE. Fig.2 The amplitude and phase as functions of the frequency at different sound pressure levels in the ear canal. Data were obtained from a normal hearing human subject. At the high levels, the sound pressure is approximately constant across frequencies. With stimulus level reduction, however, an oscillatory component appears superimposed on the constant background, resulting the periodic amplitude and phase oscillation. Fig.3 Delay-frequency spectrograms of the real spectra at different sound pressure levels. At 10 dB SPL, the spectrogram shows multicomponents, consisting of a short delay component (SDC) and two long delay components (LDC1 and LDC2). With increase of sound pressure, the relative energy of the LDC decreases. At sound pressure levels of 50 dB SPL and 60 dB SPL, the LDC is visually unnoticeable.
The second LDC, LDC2, was unexpected, yet it is clearly evident in Figures 3, 4 , and 5. There is no report in the literature documenting or even predicting such a SFOAE-evoked emission. Inspection of data in Figure 4 shows that the delay difference between LDC2 and LDC1 is equal to that between LDC1 and SDC. This strongly indicates LDC2 is the echo of LDC1. In addition, there is no reason for LDC1 not to evoke a stimulus frequency emission, since the LDC1 sound pressure is up to 65 percent of the SDC at about 10 dB SPL. The echo (LDC2) of the echo (LDC1) also indicates that the MCA is able to detect the multiple delay of the SFOAE.
To verify that the LDC is indeed the SFOAE and to test the hypothesis that the SFOAE is generated from its characteristic frequency location on the basilar membrane, an acoustical suppression of the SFOAE was observed in this study. Suppressor sound pressures of 30, 40, and 50 dB SPL were used. The frequency of the suppressor was swept with the probe tone with a frequency separation of 1/2, 1/4,1/8, and 1/16 octave below the probe tone frequency. The SFOAE evoked by a 30 dB SPL probe tone was measured using the MCA with and without the suppressor. Pure tone-caused suppression of the SFOAE was found in all three tested ears. The suppression strenghth depends on the sound pressure and the frequency of the suppressor. At a given frequency of the suppressor, a high intensity suppressor resulted in more suppression than a lower level suppressor. When sound pressure is constant, a suppressor with a frequency closer to the probe caused a stronger suppression than one with a greater frequency separation from the probe. In Figure 6 , the amplitude spectra (A), power spectra (B), and delay frequency distribution spectrogram (C and D) show changes in the SFOAE caused by a 40 dB SPL suppressor at a frequency 1/16 octave below the probe. In Figure 6 A, the SFOAE, shown as a periodic amplitude oscillation (solid line), was eliminated by the suppressor (dashed line). Power spectra of the real spectra of the ear canal sound pressure (B) show that although the SDC amplitudes are the same, LDC1 was suppressed by about 20 dB. Figure 6 C and D show that although the SDCs are the same, the LDC in panel C was greatly reduced by the suppressor (panel D). It is well accepted that an externally given pure tone results in a maximum vibration at its characteristic frequency location on the basilar membrane. The suppressor-evoked basilar membrane vibration can disturb the vibration caused by the probe tone if the frequencies of the two tones are close to each other [15] . Therefore, the data of Figure 6 indicate that the LDC is generated from the characteristic frequency location of the probe tone, and the LDC measured by the MCA is the SFOAE. Similarly, the MCA has been successfully used for quantifying the LDC of electrically evoked otoacoustic emissions [16] [17] [18] , which depends on a highly localized forward cochlear traveling wave [19] [20] [21] [22] . In summary, the data presented in this report demonstrate that the MCA method is able to accurately separate the SFOAE from the stimulus. Preliminary data also indicate that the SFOAE is generated from the characteristic frequency location of the probe tone. Quantitative information derived using this unique method can provide new details on cochlear mechanics. In summary, the data presented in this letter demonstrate that the newly developed MCA method is able to accurately separate the SFOAE from the stimulus. Preliminary data also indicate that the SFOAE is generated from the characteristic frequency location of the probe tone. Quantitative information derived using this new method can provide new details on cochlear mechanics. 
